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(57) Abstract 

A directional microphone system that utilizes multiple microphone elements combined to produce a monaural signal that substantially 
represents sound produced by a desired source is disclosed. The invention includes two or more microphone elements, a combining element 
and a cross-over portion. The microphone elements receive an acoustic energy composed of sound from a desired source, such as a talker, 
and sound from undesired background noise. The microphone elements convert the acoustic energy into two signals, respectively. The 
combining element then combines the two signals produced by the microphone elements into a combined signal. The cross-over portion 
of the invention includes a first filter for filtering the signal of one of the microphone elements, a second filter for filtering the combined 
signal, and a unifying element for combining the filtered signals to produce a monaural signal. Ttie invention results in a monaural signal 
with an extended frequency bandwidth response, without the need for expensive, dedicated cicuitry or matched microphone elements. In 
one embodiment of the invention, which is used in connection with a computer, the microphone elememts are connected to the stereo inputs 
of the computer. 
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Description 
DIRECTIONAL MICROPHONE SYSTEM 

Technical Field 

This invention relates to microphones and, in particular, to directional microphones. 
Background Art 

Advancements in the computer hardware and software industry are occurring rapidly in 
a variety of areas. One such area of advancement has been in the field of voice applications for 
personal computers. Voice applications, such as speech recognition, allow the user of a personal 
computer to communicate, or to interface, with the machine and the software in a simple and 
effective manner by simply speaking to the machine. International Business Machine 
Corporation's ViaVoice speech dictation product provides an example of this type of application. 
Other voice applications that utilize technology recently developed in this area include computer 
telephony, internet telephony and audio / video conferencing applications. 

As the development and use of these voice applications has grown in the personal 
computer marketplace, so has the need for a hands-free or farfield microphone product that is 
capable of effectively receiving voice commands, instructions or speech, while doing so in a cost 
efficient manner. While the issue of cost for such a microphone product by itself presents a 
formidable obstacle to ~a~ successful' Tiitcrophone "gystem^ another recognized" problem Has 
emerged. That probfeiri irivoT\^£ as well as noise from sources other 

'than the int^dedV6i&^ Noise and reverbeiration pickup lessens the 

ovgrall performance of the speech application. ^ r . . 

*j .« . . For example, a personal computer generally includes a fah as one of the integrated parts 
thaUs necessary for tfie1ionjiju|^!to function properly by^cppling the internal components of the 
computer. ^Unfortunately, such fans in operation create a certain amoimt oPhdisel Other! 
int^r^ted parts of a personal ;computer which can create tenanted; noise include disk 'drives and 
CD-ROM drives. Additionally, personal computers can b& operated in noisy environments, such 
as an office -setting. Specifically, in; ah office setting ;ffie| user;,of a compute;-r?|4j:^d voice 
application may experience unwanted noise generated by<squrces such as other individuals in the 
workplace, office equipment (e.g., tdtephones and photocopy machines) and other ^es of 
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undesired background ndiseP : Sueh unwantol itoise'can (fc'iwtfjPii&fe^fe'the dfeitiveness of 
microphones used in association with voice application's for personal computers? ' 

Other devices utilizmg-'microphones have - someof all of 'the same issues in dealing with 
; i unwanted noise. These devices include^'but are not limited to; a headset, a telephone handset, 
■ a speaker phone (hand^-#ee'ielephonepV6 : du"ct) 5 or a video camera. Microphones used in each 
iof -these devices are : e^bsetftb : iiriwMe^l noise that is present in the sintduriding^rivnonments 
of their respective use: For- example; a microphone in a s^eakef phone application which is 
"• iutilteed in an office setting can be exposed to undesired bacKj^und' noise/sueh as noise 
-producedby nearby fcffide- equipment, 'witf^M^decreais-e'the sound quality of the product. 
Because the environment associated with personal computer applications is illustrative of 'a 
typical acoustic environment; it is generally refen-ed 'to herein for discussion purposes. 

•' Oneattemptfd solve thd problem' of noise pickup ih the fidld of hands-free microphone 
•^•'pt6ducts ; forusg'-witfe persbaal ComputerLand related applications has; beenio^ufii^^directional 
microphone systems: For ei^le;W'd^ti6iiailmc^^esy^eih can r be'fdiined ; through the 
use of a ; gradient niicropnbhe element in whicha'time varying sound pressure ig'exerted on two 
sides of a diaphragm- forming a^essur^^^ent^p^nse f imd;-ul^^ly, ^microphone with 
a directional response/- -Unfortunktdly,imis type df rh 
- effectiveness. Specifically; this ^type 6f1iincibptt6i\e sysi^ beam response 

orpickuppatteSh, is mainly effedtive af reaubinl noise pick-up when' me hdis^'iouVce radiates 
2o ; ! c io i ; '.sound fro^' a direction? of low' midropfidne gSnsifivifv a&o^wir as the "nulr' ;: angie; However!; 
because the specific location of unwanted noise sources is often d£^E^iC#n1fti!r^>os'sible, to 

- : . ! anticipate bPc^ pickup of noise and the 
vWnsffiicroplidh^ A ; Mtionally7 ! siich single element 

25. ■ ^ ' .and reverJiera^ • . ; .' 

,if " : 7 ' r! 5 I^te^ISofpQ^l^M^eAeifl&'S '^i^eUtWc^bp&bne realise by utilizing two or more 
; ar- oi/inidirectionai ? micrdpond^lenfen^" This approach- requires ' tfie use 1 Vf an Electrical 
subtraction. Additionally, this approach requires the use of "matched" microphone elements, i.e., 

- • ... mierophonesnmat have^d'toe;^fcK^ : SBMf; sensitivity resporise. Again, however, the 
30 :.. • ' identificatioiirof tjiese 'featc^ in an increased cblst fof mdsyslem. Also/ 
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this type of mi qropfeone, system still suffers from the performance issues: that are associated with 
fixed beam microphone ,. ■ . . ,; r ; , f .,;> s :. (>; - ,^ - -. ■■■f . -x-.:. - 

. . Other devices in,the prior arU.such. as those disclosed in U.S. Pat. Nos. 4,802,227 and 

5, 699,43 7, generally dij5clos^.mkr^phone systeips with multiple omnjdjreptipmri microphone 
5 elements that attempt, tp reduce, ,tpwante,d -noise, pickup andean J>e used in conjunction with 
personal compute^, ^hese systems attempt tp adapt.. the, directional response ofithe system to 
changes m the Ippatipps p^the primary,sound source and the noise sources J?y thewsfe of. complex 
, ^ algorithms.^ Thus, these ripcrophone systemsuare unnecessarily complex, and they still exhibit 
some shortcomings with regard, to performance and cost as discussed above in association with 
.10 . less complicated. micjrppbone system^. : n - * t. j . r-;^ ; 

rt One attempt to address some ^oftheprpblems ^sspc^ted.-wi^ the movement of noise 
r sources injelattion to fixed beany piicrcphpi?^ products hasipen to utihzemiprophone systems 
. . that exljibit adaptive, although in a Jimj ted; fashion, response.characteristics.j^.example of an 
. adaptive system is found in y^S.,Pat rr NQ r 5;473 !! ?0.1. Oi Thi^ solution in that 

15 it restricts the region ^ as the 

"null" angle, can occur. .Addi^ 0 ^^ from which 

. ^the £es^ c ^&9 gra^atrf^^Thu&i'WlulPi'ihe limited 

_ adaptw^ 

_ f>; ,. , a complete solution ; tp thej^pecia^needs^ tjie. use -of mierophonesavriJh voice 

20 _ applications for personal comp^te^^nd,^ pthp^mip#>p&one, system; applications generally 

, . . ^ t Ina4ditionto^ 

j systems existing intfyp JP^pr ai^ : ^£the£ di^^ prpduc^S- CiinTently in 

use. -Speci^call^ 

25 bandwidth of the microphone system. While a restricted frequency ;bandwid*h lis reasonable for 
some telephony applications, it . is undesjr^i^fe Thus, current 

. . directipnal micrpphpne systems h^ye jipt addressed i ,&% r need-;foic anextende&:irequency 

By way of .example pfsuctad^eptipnal, ^microphone systems in thejprior arty/assume "d" 
30 s . is the di§tancq between . first, and secprjd^Q^^4nlets in a gradient microphones system, That . 
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distanee>'d" ; determines tlie output ^id' frequency response of the" overali microphone system. 
Increasing «*<r- results' in^affiricrease in'the butptit, and fee-el^M^Si^-to^hioKeratii but also 
decreases-the frequency btodwidth ofthe system: 'the sys'terh 6n3S:v£^6?5226jy76 is one 

• - : : example of a prior art device where acoustic tubes r are used to increase "d" to obtain greater 
si- "" " sensinvityatthe ' •' 

• :Cr: The"d"cbrrim6nfy 

' m - '■ ^'o'ahd-onerhalf (2.5) centimeters because that distance results' in what hai'\ecoine to be 

: . •considered an acceptable level of microphone sensitivity? HoWeVef;' th^ ; commonly-used "d" 

- ' results ih-ati upper cutoff frequency of drjl^a^xari^eiyMvetSy'i^bh^Slz (kHz). Some voice 
. ior :o>: applications inbludingi=but not limited to', those used in conjunction with personal computers, for 

"- -- example voice recogtiitibri software, would be better served by an' extended bandwidth. Thus, 
: • ; , it is desired that a microphone system produce a directioriai response pattern ahd also produce 
a broader frequency range, yet still realize the sensitivity increase associated with a larger M d". 
; , i - ,:•■: >..n: •; The prior art also reveals efforts to address'sonW of the performance and cost issues 
15 a>- • ^associated with othbr-rnicropnone systems: "Specifically/ b^ s^teihs involve the 

use of expensive and complicated dedicated aralog br^gnal circuits for signal processing. For 

- , example/PictureTel Corporation's Virtuoso™ ^ dedicated 

digital signal processor integrated circuits to decrease the pickup of undesiredlnbise. While this 
type of system demonstrates some improvement in perforn^ante characterretics ;? 6^er other 
; ma^dardrtiir^ 

^ suffer from a' cos? disadvantage as&ey'are'expei'^ Thus, mesb systems may 

not provide a cost effective solutibtf'tb the need for'a- reasonably priced microphone system for 
* . ;?> > f.- .use with, fey>way of example/ Voioe'%i$ib^ computer market. ' 

: ■ vm .Another example of a hiicfopfione^ bwri biiilt-m eiebtronics is Telex 

25 Communications, Inc.'s Aria™ Desktop Dictation Microphone. Whiie r 'u^ S : system may also 
demonstrate scme ; imprbvemerif directional 
-<.:c <.q r. micrbphohes, the ^lofd^csitedcStfuiitl causes this System to ^ overly complex 1 and : expensive 

• u ,.r-/t0imanufacture. r -" 3 ' ! ^/-.rui *>.:jx^ }?•■'■■ ;n» . ?• . r : v ; - *.;T 

^et an6thei^*type of mibrbpKoiVe ; systeiii ; currently in : u'se v is a ' micrbphone' headset 
30 apparatus. This type of system is used because unwanted noise cancellation can be best achieved 
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in some current microphone prpduct^ only if the mi crpphone> is. pJaced less than^one and one- 
quarter (1.25) centimeters. from the speaker's mouth.. .The. only pyaptical way.tq^aehieve such a 
. .short.di stance has .beej^tp utilize a miciraphpns headset. ;Suph headset -systems are offered by 
Andrea Electroijics Corporation^ aiyi, fox example, og,e sucliproduct isdisclosed in tJ/S. Pat. No. 
5 5,251,263. However, headset-typ>e system? have seyeral disadvantages frorp, thp u$er/ ; s point : of 
view. Sp^ifically, mp^. users find suchljeadspts.vncomfpil^ble.to.we^. Additionally, when 
headset microphone systems a^p ; utilized in co^yunption ^yith computer applications,,, they have 
. ^ the, und^irable : e^ users find, this to be a 

significant disadvantage;, as it j3 T flesi^le, : tq- be able to move freely atjout a work area. 
10, Furthermore, the system disclosed in U.S. Pat. No. 5,25J ,26 ( 3 contains, adedicated processor and 
, an malog-to-digital and digital -tp^analog intprfajpe, T^ese additional components ipprease the 
. complexity ^iid, cpst of this . system. TT*ps V; th$ system ,coyered4>y that patent i§ .relatively 
, . . expensive.tp produce^and maigtain., t _ 5? , rv :;r/ . a -r^oi y ^ 

A . still further, example, of , an, .^attempt 4o. cancel the yndesired pickup of noise in a 
15^ ^ . microphone the -rpethod described in 

that patent requires the_prodrati£n ( ^ signal .in qrdeg; to cancel -undesir^d noise. 

, , x Again? ^- s - t ^P e °f system requires tfye. ^use. of a44ition^l pomponesits that mayi^/expensive to 

• : ;,:ro P iSC ^ S y^^ Tnvent l^ ;roVi a a rri :n-,w;e< - * - r-^no^o v^:o sov 
2 ? - v - ^ ..The. .present i^yejatipn r co^ witbtimultiple 
. , P^9 r 9.phpne elements, wbi 
: . . extpid^d. J^uepcy r ^dwj(Jth respQn^ to^pe. ^^n^fjj^pn^ ilje ^^tioM^mipE^rfione system 
is a stand-alone, farfield system . whjp^ composes a, first ^d,s^nd^icrpphc^e^rheansiia means 
for combining signal^ pipduced; jby ; t^e;micro^ for producing 

25 amon^r|il $igqal :; r ; ^ , ;0 ,r.i :rr/<a '-- r ?.hA . /.^l^l^y 

, ^ . , . , The fir§J: and sqcpnd microphone means eachT^eive acoustip^en^gy sonxposed of sound 
. fro™ a : desired sourpe and soun0 from iqid^esjrecj b^kgrf^4^9! se ^cl§fst and,3ecori^:microphone 
means convert the acoustic energy into first and second signals, respectivedy.;:r:Next, the 
. - f? 0 ?^* 11 ^ n^eaps combines tjie first apd, s.ecpnd signals into a cp^ibined. signals 
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Thfe combineid sighai is then pfovided to thei cross-over ineaiis. The cross-over means 
comprises a first filter means for filtering one of the first or secbikl* signals aricf a second filter 
means for filtering the cdrtibmed signal. In riiis embodiment*, the' first filter means comprises a 
high band equalization and filtering delay and a low band equalization stad filterihg^delay. Also, 
5 the second filter means comprises a mici tend equalizaiibn and filtering xiel&y. The filtering 
* delay is used to time-aligri the first and secbhd filter means and to avoid cancellation at the edges 

r: - - of the frequehcy bttnds. 1 The cross-ovdr nivalis ;also comprises a unifying means for combining 
> y ' each signal processed by the first and sfccond filter meahs; respectively. Thus, the cross-over 
^: ;'l:> mean's produces a fnonaurai Signal represehtirig substantially the sound produced by the desired 
io' \ i ' isdurce, the mohaurat signal having an extended frequency bandwidth response. Additionally, 
the invention provides the ad vantage of not requiring 
. .; r . -matched mici^hbn^ el^eiityp ' " ' '" 2 " 

; ' ' v v i;i : "In' ahotH8r fornrof* the mventidfi* &e dii^iidnal-micropKone system is ii£fedt m connection 
1 " - - 1 wifh a computer, tHe computer comprising aprdcesisoi Sid firSt 'arid second stereo inputs. In this 
15 v form, the first and* second rrflerophone iriearis of the invention are connected to the first arid 
' 1 ; y ' second^stereo inputs of the computer. Iii ; y& ? ahother ioita of the prbsent invention, the first filter 

n .vr means comprises high-pass filter, while tHfe iefrouu filter 1 means comprises a low-pass filter. 
uilCn ' J - ; : The present inveil£ibri f pi 6vMes-the ? advatolkge of utilizing multiple' microphone elements 
to produce a nfrdria£ur& s^ substantially 
26-' "Oit. represCTiS^be sound the pickup of 

, -uMesired background vioisL Additionally; -ffie^esi&rf inVisritibii provides la cost Effective system 

° wWch ; dbesii6t require; tfie use of toft^lttj 3edieiii£& circuit^y br rxiatched micfophbiie elements. 
z : Fui^ermore, thc-pfeseiimVen^ vfrhiclr can- Wufilized iti borinection with 

P v a coiSpute^%y utilizing the stereo iiiputs and^ ^prodessmg capabiliues of the doitipiiter. 
-''•25 • StHief Description 6f theT>rawing^ ■> :r ^ : * :yA ; — ■ iiyiy 

FIG. 1 shows a block diagram of one embodiment of the directional mictbphorie system 
: - the; present invdtitiom — >-*' - - : ~- - ' 

r ;: : ' : - :u - KG, ^2 sKows ugrajphital^ of the extended fireiquency bandwidth response 

. -;\;;;r, s'^the.e^bodiineht of FIG? lv •* ' x: ' :ii « •'■* v - : ^"'---''^ 
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TIG. 3, shows .a block. diagram ; pf a second :ernbodjrnent of. the directional microphone 
system of the present invention. , ...... ; - 

FIG, 4 shows a block diagram pf the ,cross-over r portion.of the directional microphone 

system of FIG. 3 J? . ^ - ...» , \ * ■ ^ v - v . . v> - . * 

Best Mode for Carrying Out the Invention p „ ; - 

Referring to FIQ. 1, thereis shpv^n. a £lpck diagram pf one embodiment of the directional 
microphone system according to the present invention, generally designated; 1 0, which produces 
„a monaural signal substantially representative of sound ftpma desired sound source. Directional 
microphone system .1 0 includes fir^t and second microphone elements 1 4, . 1 6 j9 respectively, with 
each of microphone elements 1.4, \ 6 9 respectively, characterized.by a certain sensitivity in its 
responpe v .As sho A wn,in FIG. .1, first and second microphone elements44, ^respectively, are 
connected to a personal computer 12. While this embodiment is. used in connection with a 
personal computer,, it should. be .understood that this embodiment of directional microphone 
system,.10 ; is a stand-alone, farfield microphone system. Iri this embodiment of the.invention, 
firsthand, ^epond microphone elements I4 t9 . 16 ?1 h respectively, .-are, each* first-order gradient 
microphone, elements, such as EMl lS.micpphpnes.m^u^actured^by Primo Microphones, Ltd. 
of Japan. ^Additionally, first arid sepond niic^phone, elements 14, 1;6, respectively % are arranged 
Jn close r proximity to £ach;pther*^ sufficient spnsitjyity> As such, directional 

microphone system lO.pravides ^e : advant^g,e,of being .xompaet jnsize. : ■< ~..-:-?jl;o^t ot 

IS of the type used to match the r $^^^yi^e^ L ^f&^t and second microphone ^elements 14, 16, 
respectively. A^dition^ former 20. 

; Directional microphone system .IQ^sp in^li^es^oss-^verrpprtion 22, which pp:$riprises a first 
filter pqrjipn ^4 and a second fHter portipn 26-^Matphing algorilhmj 8, pa.tte^ fopnesr. 20, cross- 
over portion 22, first filter portion 24 and second filter pprtipn 26;are ; dis.cus^e<t^^^ter detail 

Jatq; ; Jierein._ ^ )]r „ r. v-e' :i^r v-,. - "i-nu .. :-'v. :-<M ' 

In operation, first and second microphone elements 14, 16 v respsctiysly^eaph receive 
acoiistic. . energy composed of sound, ftprg a^ciesired .source^ such as speech, and undesired 
background noise, such as noise produced from nearby affice^maohines^ 
element 14 converts the acoustic energy into a first electrical output signal, generally designated 
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28; and second microphShe] element 16 converts '-th-e -acoustic energy into' a second electrical 
. i • output signal, generally designated ^0. ! First ; and : second microphone d^rnents 14, 16, 
: " respectively,^ are connected b^ 

second stereo inputs 36, 38,-respectively, of personal computer ! 12V First : and second stereo inputs 
c 5 36;:38, respectively* iare i; ^ respectively to 

: ; : i preamplifier 44. 'Preamplifief 44 provides gain to first and second electrical output signals 28, 
30,-respectively, producing first and second pr&amplififer "output signals 46, 48, respectively. 
«oq < * ^" First and second preamplifier otoput&gh&s 4^ 
j; ; ":>i\ and sixth- .connectors "50, 52i respectively; to a standard ^ialog-tb-digital (A/D) converter 54. 
10 ;{ CA/D converter,54 converts first and second preamplifier output signals 46, 48, respectively,' to 
; r first and; second digital Signals 56, 58 J respectively. The sampling Yate utilized by A/D converter 
v ;,e,54 in 'the present embodiment is r 44.1 ks/sfec. - - - ■> — ' ■■'■'■<■ "- : ■'• ■ ' - ' ' u ' 
~ - r ; : j : ~nIrL;the present embodiment, first" and second digital signals 56, 58, re^ectively, are 
r x : : :,connectefd; by seventh and eighth eoimefctors 60, 62, ; respectively;' to processor 64, which in the 
1 5 present embodiment, is also part of personal computer^ 12? r In the present embodiment, processor 
: : : / ; ^64 controls microphone elemem triatchirfg ; aIgbriihM-18^ It wilhbe appreciated by those skilled 
; i Jrx the art thatin otHdr^mbddimenfe'of th^pr^eht^ri^Mtion^pradessbr 64 could also iniplement 
matching algorithm 18. />3 inx^:<i 1 i'^iri. : .;. <V " ;-: -r:o , 

'■+3 el b: ; a; -fc the pre^ system 10, first and second digital 

WicA b^igna£s,<£6,,58i'T^^ 18; : -Matching? algorithm IS 

-^f:; ; matches* Ifae. seoisitivities^df • Srst ; ^aiidrgig<$6ttd^ ffiferd^hc^e'^lenients 14? 16; respectively, to 
- v, .oi'imp^Qv^ the directional cfoara^ In operation, 

no ^roatphihg algorithm il 8~prbd&c;es fiist kid se£5nd>gain corrected signals 68, respectively. It 
r > ;rwiH be ^reciated.by^those skilfediin thfc^ttiat the' use *^f matching algorithm 18 provides an 
25 : t in^pejtisiMejmethodrto match the sensiti vities of first and second microphone 'elements 14, 16, 
. i r* :^T^^^tiyely.r„AdditionaUy; the use T o the heed to- use expensive 

1 . ; v dedicated circuits to achieve* a sirriil^ result: It will b4appf eciated by those skilled in the art that 
Lany pne of acvariety/ofialgorithnis^uldbeus achieve the result of matching algorithm 18. 
. ij- no^Fi^t gam 

30 22. In the present embodiment, first filter portion 24 includes high band equalization and 
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L filtering delay 10 and low band equalization and filtering delay: 72, First gain corrected signal 
66 is.pFOvided^to } each of high and low band equalization and fjUering delays 70, ?2y respectively. 
High band , equalization -.^lfl Altering deljay .70 . produces high, band signal >74. Low band 
.equalization and, filtering delay, :72 produpes low ; ^and signal :76;^ Thus, -in the present 
embodiment* th^output- of firs$:fijter portion is -comprised of-high band signal 74~and low band 
signal 76. It wilhbe appreciated by those skilled in the ^ th^t second gaincorrected^signal 68 
could be^prpvided . to fust filter portion 24y instead, of first ^gain corrected signal.66. ■ 

* m ^irst ; ^d ; ^^ondygain corrected signals 66, 68, respectively; arc-provided to pattern 
former 20. In jthe present embpdiment, patter^ former 20 performs a subtraction to combine first 
and second gaigi corrected, signals 6^,,68 s t respectively, to^produoe combined signal 78. It will 
be appreciated by, those stolledin:lh^ art that pattern formerj!0 asidescribed hereinrisonly one 
example of a method that could be used to.combine first and second gain .corrected signals 66, 

.68^ respectively.-,^ 20 could comprise a delay and subtraction 

technique, 2 Thus, it : should;be,iui^ 20 are r possible and 

remain w^thi^ ; . ;t - :• •..(:«. re- ; w .» .*? 

Gqmbined signal 78 is prcmd^JocSec^d'iilter.;portipBj 26.» . In the present embodiment, 

, second filter portion 26i.s^mp^^:p£a-©id band equsliz&tipnandfilteringdel&y." Second filter 
portion 26 produces mid band signal 80. ? . . r*rx :: gi .^sm 

; . r.Each of high, lo>v #$4 n?idob?ind sig^als:74,;76v SO, effectively, are provided to first 
algeb^ai^ summing unit- ^ barid 
signals^ 76, 80, Respectively* <^ them- together to 

produce .raon^qral^ skiUednrthejart that this unification 

could be cpmplet?dby ptfeei; typye^ &£de>3ess and siili be. within, the scope of this-itivtintion. 

r> , As a result of t|ie .unification of ;fifter£& signals from one. microphone element and a 
combiqatipp of both microphone el$fne^t$;* dixectional microphone system r 10 prpvides the 
advantage of producj^g ; an extended ■ Ireq^ne^ the 
presient, embodiment vitilizes^higja; and low* Jjand ?equalizatiori :and ^filterings-delays ^70, 72, 
respectively, along vyith.th^inid band eqfcalizati'cW.a^ 26, 
the.bandwidtb of mppaural signal 84 is-extpndetf^^ and low ends. ISuch extension 
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of the frequency bandwidth" response of the present embodiment of directi oral microphone 
system 10 is graphically depicted in FIG. 2 . ' * - • • - 

Referring furtner to FIG. 1, in {he present embodiment of directional microphone system 
10, first constant 86 is provided'to first multiplier 88! " Also,'first digital signal 56 is provided to 
first multiplier 88'. First multiplier 88 produces first passthrough output 92. First constant 86 
is provided to second multiplier 90, as is second digital signal 5V Second multiplier 90 produces 
second passthrough' output 94. 

Monaural signal 84 is provided to second algebraic summing unit 96. First passthrough 
output 92 is also provided to second algebraic summing unit 96. Second algebraic summing unit 
96 produces first channel output 100. Monaural signal 84 is also provided to third algebraic 
' summing unit 98. Second passthrough output 94 is additionally provided to third algebraic 
slimming unit 98. Third algebraic summing urut 98 produces second channel output 102. 

" Assuinin S a user desires to have the present embodiment of directional microphone 
system 10 operate to produce monaural signal' 84 which effectively reduces the pick-up of 
15 " desired background noise and produces an extended frequency bandwidth response, then the 
value of first constant 86 would be set td'equal zero (0). As a result, first and second multipliers 
88, 90, respectively, -will produce first and second' passthrough outputs 92, 94, respectively, each 
' equal to zero (0). WiuYfirst and [second passthrough outputs 92^ ^ respectively^ equal to zero 
(6), second and third algebraic sinking units^ 1 , 987'^e^veiyr*wiiTp^uce identical first 
20- 1 -knS' ton^-'ciianhel outputs' ICfr/ loXeacn' equai to m^nauial'a^ial 84. " ' ' " 

r A^te^i^Vely;^uulijMg first 'an3 s"econ^muiia^iiers 88790,' respwtively^ and second 
" s arid third algebraic Tsiuimiing units' 96/^8, respectively, directional microphone system 10 
provides a capability for bypassing the part of the system that podu ceVmonaural signal 84. 

ror example, suppose a user desires first and second channel outputs 100, 102, 
25 - - respectively, to merely equal first did second digital signals 56, 58, respectively. In order to 
'•abhiev6 such-a'r^fllt; ^hohd^o^mdmitbmd signals' 14? 76, 80, respectively, must all 
equar2ero"(0)/lfwill be appreciated' b^y mose'skilled m the art that setting each 'of higClow and 
5U ,7 mrd ^ d signals 74V 76, 80, respectively, equal to zero (0) could be achieved in a varierty of 
" """wtys- F^ 'e^ainple, cohstarits which are set equal to'zefb (0) could be provided to each of first 
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and second filter portions 24, 26, which would in turn cause each of high, low and mid band 
signals 74, 76, 80, respectively, to be equal to zero (0). 

Because each of high, low and mid band signals 74, 76, 80 ? respectively, would be equal 
to zero (0), so would monaural signal 84. Thus, second and third.algebraic summing units 96, 

\\ *: ~ \ <■'. ii * b i v 7:, 7 .7 Tr. * *': 7 < J .rv, ..^ "... . ; 

5 98, respectively, would add the values of monaural signal 84 (equal to zero) to first and second 

•"'/.. ' . . r:. ii- -ci ... :., .a ' . .v t 77- ■ . . ' 7i ' <v 

passthrough outputs 92, 94, respectively. First and second channel outputs 100, 102, 

respectively, would therefore simply equal first and second passthrough outputs 92, 94, 

respectively. If first constant 86 is set to equal one (1), then first and second multipliers 88, 90, 

respectively, produce first and second passthrough outputs 92, 94, respectiyely >r equal to first and 

10 second digital signals 56, 58, respectively. ^ . n 

Referring now to FIG. 3, there is shown an alternative embodiment of directional 

'microphone system i0. The embodiment shown in FIG. 3 is also used in cpmiection with 

personal computer 12. Unlike the prior embodiment, however, the present, embodiment is 

designed to be integrated into personal computer 12. The present .embodiment o.C directional 

microphone system 10 includes first and second microphone elements 14, 16, respectively, each 

of these microphone elements characterized by a certain sensitivity in its response. In this 

i ; . ' ' . ■ - > ; j. " ■ 7"*:...'*.' 77 : ' r ;V.,-.. 7.7 ' 77 , \> '■ 7 ir./C . > *7 " - 1- • " 

embodiment, first and second microphone elements 14, 16, .respectively^ are each 

: : /7,„w-:vi A I a ■ a~ r'u.i.s. t^SJfsq A;- -a i> — : " .a:j>7A, a* - a A V- 
omnidirectional microphone elements, such as model EM100T microphones manufactured by 

"'I ..21 ^ • vi>/^VT7 S% J.V -VJC {b7A7:l^AA r r tO^~'s : >"X 7 A r.f; . ^.'7. >: - ^ — 1 

Primo Microphones, Ltd., of Japan. These omnidirectional microphone elements, provide the 
advantage of being relatively inexpensive. Additionally,, first and second microphone elements 
14, 16, respectively, are arranged in close proximity to each other, with spacing for sufficient 

k ' i- ''V l * '< ,77;;iic j.i ;j br.:ri T.="» 1.L 7! r^-u.--, ; _ ■ ;7''/;.7"^ 7' 

sensitivity. Similar to the prior embodiment, Jflje present embodiment of directional inicipphone 
system 1 0 includes matching algorithm 1 8 . f . , r . , 

Also as shown in FIG. 3, the present embodiment includes cross-oyer portion 22, which 

. yt. --v.x . rf o • >\->r .".7 ^77,.; . "^^i " '-"^.cc.r 1 f cr" :.^>'- ^ v ^- 

comprises first and second filter portions 24, ^ 26, . respectively., M A^|^QQ^lly,.4^-present f 
embodiment also includes adaptive algorithm , 1P4 : . . Adaptive. r ^jgprithro ( , J produces 
combination signal 106, which is characterized by a. direction of low sensitivity^ It is noted that 
elements 28 through 64 are also shown in FIG. 3 . Further discussion is not provided^regarding 

those elements, however, as they have been previously described in the discussion regarding 

v.- : -j---* ' -r, "ijr-. \ 7Tr.-." o- r..;. 7-;i. v c « - ;.Ti>/.;* & 

30 FIG. 1. 
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: ; f Referring ^fdrthet'to -FIG. 3, as r in t: the* pfevious eifabodiiiitot; matching" algorithm 1 8 
matches the sensitivities of* first and second rnibrophone Memefits l4/"l6vTespective]y, and 

.produces first and sbcbnd gain corrected' si glials 66, 68, respectively. ' First and second gain 
corrected signals 66; ©Spfesp^^ 

4 *- Adapti ve algorithm- 1 04 - cbmbihes 'first and second gain corrected signals 66, 68, 
respectively, to produce combination signal 106. Iri the present e^ 

^104 Operates in conjunction with processor- 64 of personal computer ¥2 to guide the direction of 
low sensitivity of combination signal 1 Q6. if Iii this embodiment^ adaLptive'^ 
i ! energy levels from first and second" microphone elements r 14i 16, ^ respectiwly." Using these 
: energy -estimates;, adapti ve dg^nlthm 104 determines the location J of ffie desired sound source, 
i rthfe italker, as:well its the lbcation<'6f uMesired bacKgreund noise; In this fashion, the direction 
•of l6w 2 sensitivity of combination signal l f 06 catn be^direcf^d tbv^ard ; the location of 'tindesired 
background noise, with no restrictions on ttie location of thatbackground noise, to substantially 
eliminate^the piclcup r of ^such tiridesirid noise:** It will be Appreciated by -those skilled in the art 
;that other adaptiveialgorithtris could be utilized in the present invention! Adaptive algorithm 104 
, of 4he present embodiment represents only ^dne exafhpleof Mch ah adaptive algorithm. 

r .c,r^;.. Combination signal 106 'is provided: tb crdss-bver pbfti6n : 22. Cross^ovef pbHion 22 also 
i receives first gain eoxteeted sigiial 6(S and' firit ^d second -digifkr 58; respectively, 

astinputs; A - v ■ W , ; ?c rrAi\ mil jru^vi bn? ' ••: ^ cob^a;^: 

vod ) ""J'-- Referring now to FIG. 4, there is shown ablock diagfairf <5f cross-over pdrtiori '22 of the 
embodiment of the inventiM d^icted^ntFIQ 4^ firs^gkih corrected signal 

u66 is ^jprovided to ^i^tfilter portion 24/wh^ch in ^present emb^iment pro high frequency 
[ components *om first mier ophohe MeMgnt ^ l^.^Speferficall>^m the present 'eihbotfiitient, first 
< g^n corrected ;signalt66 i&Sent t^farst seCoiid-ordar HR filter 1138. - Additionally! second, third, 
afojiij^iifth atod -sixth cdristant^^l^'l ^J-l 14^ 116; 1 18 v respectively, areprovided : to first 
second-ofdenllR filter: 1 .08.^' First :s^cofad^brder 1XR filter 108 produces first r secbnd-order IIR 
^filter response^! 20^o-:. /.;JuvM3f .< .Qo ..7. .S.~ jj7 ~~ 7'/. ■ -U* ■ 

■ j w.. sdi Eirst f !second*ord^ secohd-br&er Hie filter 122. 

- Additionally- seventh, eighth, > ninthf; tenths and 1 'eleventh- confetatats '1 24, lf26? 126- '130, 1 32, 
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^respectively, are provided to second secqnd^rder IIR filter -122, j Second s<econd-order IIR filter 
122 produces .second seconc^qrder-IIR filter response 134, : - ; ; ' / l 

Jf . v . ; Second secondrprder IIR iilte^^ 136. 
Additionally, twelfth, thirteen^ fourteenth, fifteenth and sixteentfrconstants 13 8,4 40,142, 144, 
146, respectively^ are provided to third secqnd-orderllR filter 136r: Third second-order IIR filter 
136 produces third second-order IIR filter response, 14$L : . uy: ^^ui - ? . : >. . 
~ , - r .Combination* signal 1,06 is providedrto second filter portion \ 26. : Jn^the present 

..em^odiipenysecorid filter portion 26 is a lqw r pass filter.-, Specifically, second'filter portion 26 
comprises low-pass IIR filter 15^ Cpmbinatiorfr signal 10jS is provided.to low-pass.IIR filter 
150. , Alsp, sevmteenth^ei^hteent^nineteenth^ twentieth; and t^enty-firet constants 4 52, 154, 
1 $6, 1.58, 1 60, respectively, ^.provided, tq low-pass JIR filter 150. -Low-pass JIRifilter 1 50 
produces low-pass DR filter response 162. it will berappr^ciated by those skilled in the art that 
Jpw^pass IIR filter 1 50 provides, for; either ^ first-or s&pond-Ar^^r low-pass filtering^d 
; : [\: : l^r^ secondTprderllR fill^respoQse 148 : and; lqw-passIIR filter response 162 are each 
provided to first algebraic -summing unit $2.t : First ^ig^braic summihgiiinit 82 unifies third 
second-order IJ|t filter respo;nse:148M filter response 162* to produce monaural 

signal 84 v; As iir^ in ;monauraI signal 84 which 

. prp^icle^ ra : e^tended;fr^ueficy bang>yj(}th;i feilhisjsmbQdiment^however, the:handwidth is only 
extended at the high end because first filter portion 24 provides only high pass 1 ^filtering. 
Although eleinents J 86 through, lf)2 ; ;ar§ ?J^WS in EK?; 4, they are not :drscussed further here 2s 

.-they serve the same functigns, as de^ribed i|i;rela#ptf iQ,FIQ *ch • - t? ' *-r 'io >::^;lhocrt*z 
11r: : Although tvsfq rftei^tiy§,^£o$^ 

Jby those r skiUed in the art ^tfegt? oth^embodipi^nt^ o£lh& presentiinventioii are cpp&sible. For 
e^ample^^other-tj^es of microphpne elejnents epuldibe lutilized/inithe -pr^ntiMvention. 
Specifically, first-x>rdqr : gradient imcrophop£:elements cauld be utiiizenttd'obtaSn annarrower 
pickup pattern. ^Additionally, yarious types L qfr connectors could -bfe Utilized fc^'first through 
eighth connectors 32, 34, 40, 42, 50, 52, 60, 62, respectively. For example, electricial wiring 
could be.utiiized for those connectors. ;It; will be, appreciated by those skilled in the art that the 

.combining ^of signals from first and second rrtLorophtorie: elenftents 14^1 6* respectivelyv ; could be 
served by a variety of elements other than those described in the prior two embodiments. Most 
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simply, this combination could be accomplished by a simple algebraic subtraction accomplished 
by an algebraic summing unit. Furthermore, other types of filters could be Utilized* in place of 
first, second and third ^second-o^de^ and st in be 

v representative of the present invention. Moreover I it will be i^feciafed by those skilled in the 
art that first J 6r secoiid : filter portions 24, 26, ^ectivfely^bould be compriseci of types of filters 
other than those described in connection with the above-refereiie^ ei^^imerit^"' Additionally, 
it will 'be appreciated b/those skill&i m the art^fliat ^ther or botli bf first and second filter 
portions 24, 26, respectively, could comprise one of 'a ^luVality of filter elements witK a variety 
i 6f functions dqjehding upon the d^iretf Vespons^. : ' ; v 

' 1 ' Stili farther cdhfiguiatioils in accordance With the present invention are possible. One 
such configuration comprises three or more microphones with a plurality of the microphones 
i icatobined^ to Torih r at "l6ast one of hiici^han^'eie^ftts 14, lis, respectively. Additionally, 
various combinatioiis of hardware ^ci^br VoftWar^ could bfe utilized "in accordance with the 
1 pnnciples of the present invention. 1 Agam^it is tb be xfflderstood ^tfiM^tfae rabc^cnd discussed 
herein are merely illustrative etfthfemanypb^ be devised 

ill application of the^prihcitjles of the invemfohl NkriWotis dthar siich configurations could be 
developed by those skilled in the art ; Withbut departing &btn the scope of the mv«ition. 
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Claims 



What is t claimed is: r _ ^ _ ~ r . ., 0 - •» ' 

. .1. . A directional microphone, system, comprising:,- r ^.. lt 
. a first microphone 

5 , desired source and sound from undented background poises and for cqnyerting/the acoustic 

energy into a. first signal; . v ^ . , - f ,,- . . .., .. T .,; :^ ri ; :t ..^ - ; • •* - r . 
, . \ a second microphone, ; mean3 for receiving the acoustic energy* and for {converting the 

. acoustic energy into a second sigpal; , ; - . > : *^j /( . - y >r q 

means for combining the first signal, and the second signal into, a combined signal, the 
io pombining means operably connected to the first microphonemeans and.thejseeond microphone 

. r : , a cross-over me^ns for producing .a ipopaural signal representing }substantiaUy;the sound 

. . froni the desired source, the cross.-OY«er tneans pongiprising a first filter rnean§.for^filtfering one of 
. the first or second signajs and prodding a first filter output, a s^scpii^ filter meansjfbr filtering 
15 the combined sigiaLand producing a second filter output, and.a imifymg-meaos for^qombining 
; the first filter output and the s^^n^filter^ou^it to produce monaural signal/the cross-over 
means operably cQnneqtgd to.th^ po^bi^&mean^.. , > ; r v ,k , j 

2. The directional microphone system of claim 1, wherein the first and second 
microphone means each comprise an omnidirectional microphone element. 
20 3 . The directional microphone system of claim 1 , wherein at least one of the first and 

second microphone means comprises a plurality of omnidirectional microphone elements. 

4. The directional microphone system of claim 1, wherein the first and second 
microphone means each comprise a first-order gradient microphone element 

5. The directional microphone system of claim 1 , wherein at least one of the first and 
25 second microphone means comprises a plurality of first-order gradient microphone elements. 

6. The directional microphone system of claim 1 , wherein the combining means 
comprises a means for subtracting the second signal from the first signal. 

7. The directional microphone system of claim 1, wherein the first filter means 
comprises a high band equalization and filtering delay and a low band equalization and filtering 

30 delay. 
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1 r • ; & '< ; k The directional mierGphone system of claim 1; wherein the second filter means 
■ comprises' a-mid bana^'qii'alization-'ah'd filtering c& ay.-* - : r: Kit. ^ > ^ ?: 

9. 1 The directional microphone system of claim 1/ wherein the first filter means 
comprises a high-pass filter - - ! V. < v :m ^ ^ ; : ' j . a ^: ; . \m^o\f « 

-w 10J ^ The directional fnicropH6nesystem T 6f claim ly wherein the second filter means 
- comprises a low-pass filter: rZ! ' - • \ ' - * ' ~< '* i\ ■ ~c > -vio^ . ^ 
V " ^11. The direction^ microphone system cfclai^^ 

second filter means comprisesWpIiiiiality ©f filters, '-i t ^ ^ zua*v: z& r n 
" Lr: 7 12l: A direction^ ^croph^ a :: computer, the computer 

comprising a processor arid first-andMecond 'stereo inputs each operably cbnnected to the 
processor, the directional microphone system comprising: v ; 
' ; . a first nriicrophorie means for" fedeivirig^^ from a 

desired source and sound from lindesired background : ndiVe, aM^ 

eri-rgy into a first" signal/-' th^e- first* signal operably 'connected the first stereo input of the 

computer; rruyi ~r- Uk\ <*' ■/ - c- 

a second miero^ and for converting the 

acoustic energy into a second signal, the second signal operably connected to the-secoiid stereo 
ifopui of foe &mpo&fc} ' - i :* ,a^v> r:jofco-o;i ■.: I^r o^-o f«u .C. 

means for combining the* fiMt sigaal^d the Second the 
combining means controlled by the processor of the computer, the combining means operably 
connected to the first microphone means and the second microphone means; and 

a cross-over means for producing a monaural signal representing substantially the sound 
from the desired source, the cross-over means controlled by the processor of the computer and 
comprising a first filter means for filtering one of the first or second signals and producing a first 
filter output, a second filter means for filtering the combined signal and producing a second filter 
output, and a unifying means for combining the first filter output and the second filter output to 
produce the monaural signal, the cross-over means operably connected to the combining means. 

13. The directional microphone system of claim 12, wherein the first and second 
microphone means each comprise an omnidirectional microphone element. 



VVO 99/45741 



t I>CI7lJS99/04421 



17 

. > c< 1-4: . • .The directional microphone sy stem of claim \ 2 X wherein at le^st one of the first 
and second microphone means comprises a plurality of omnidirectional mioro^hpne elements. 
: T i : 15. The directional mi c^phorie system of clajrn 12, wjverein the first and second 
microphone means each comprise a first-order gradient microphone element, 
j t ? T , 1,6, , . j The directional mjerpphpne syst^iij-of claim 1 2^wherein at least one of the first 
and second microphone means comprises a plurality of first-prder gradient pyorophone.elements. 

zAl:d&z~ The .directionalf microphone system o£ claim ;12, wherein the combining means 
comprises a means for subtracting the second signal -from the first sign^.-. ;f s t 
a ; •* ^ ::Xhe direptipnal^microi^one : syste^i of clajrn 12, therein the first filter means 

cornprijes-a high-band equalization : and glteringvdelay ^nd ..$;lp^ ;bapd equalization .and filtering 

delay. . ; ~, . .J--, - 

: \19^ T^e dke^t^nal micros filter means 

.-. comprises band, equalization and:-^lteri]ig. ; 4siay. ; ; uf ; . jru .^o>* : 

- . .20. . r , The directip^ali microphone system -of c^aim L,?,- wher&n the first filter means 
comprises a high-pass filter. : r;/ 'c t 

21. • t : ^ T^he directional jnipf ophone $yst^m^f claim 12^^ wherein the second filter means 
: , comprises -a low-pass^ltgr.- ^ sric*.-. "J* /^esr. z ' - : ^rarx^ 

22. The directional microphone system of claim 12, wherein at least; one, of the first 
^ands^cpnd^ ^ ; r. .unoo : ;«> ■ r?. v 
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